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(57) ABSTRACT 

A speech encoding method in Which information represent 
ing characteristics of a synthesis ?lter is generated based on 
an input speech signal in units of one frame. A pitch vector 
is generated from an adaptive codebook containing past 
excitation signals, and a ?rst number of reduced pulse 
position candidates are generated by selecting a ?rst number 
of pulse positions from a number of possible pulse positions 
in each of sub-frames obtained by dividing the frame, Where 
a density of the reduced pulse position candidates is high 
Where the pitch vector has a large poWer and decreases in 
accordance With a decrease in the poWer. A second number 
of pulse positions is selected from the reduced pulse position 
candidates to generate a pulse train having a plurality of 
pulses located at pulse positions corresponding to a second 
number of pulse positions under the criterion of minimizing 
an error betWeen the input speech signal and a synthesis 
signal Which is an output of the synthesis ?lter Whose input 
is an excitation signal generated by adding the pitch vector 
and the pulse train. 

20 Claims, 14 Drawing Sheets 
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SPEECH ENCODING/DECODING METHOD 
USING REDUCED SUBFRAME PULSE 

POSITIONS HAVING DENSITY RELATED TO 
PITCH 

BACKGROUND OF THE INVENTION 

The present invention relates to an encoding/decoding 
method of a loW bit rate used for digital telephone, voice 
memo, etc. 

In recent years, the encoding techniques have found Wide 
applications in the portable telephone or the internet in 
Which the speech and music sound are transmitted and 
stored by being compressed at a loW bit rate. Such tech 
niques include the CELP method (Code Excited Linear 
Prediction (M. R. Schroeder and B. S. at al), “Code Excited 
Linear Prediction (CELP): High Quality Speech at Very 
LoW Bit Rates”, Proc. ICASSP, pp.937—940, 1985 
(reference 1) and W. S. Kleijin, D. J. Krasinski et al. 
“Improved Speech Quality and Ef?cient Vector Quantization 
in SELP”, Proc. ICASSP, pp.155—158, 1988 (reference 

The CELP is an encoding scheme based on the linear 
predictive analysis. An input speech signal is divided into a 
linear prediction coef?cient representing the phoneme infor 
mation and a prediction residual signal representing the 
sound level, etc. according to the linear predictive analysis. 
Based on the linear predictive coef?cients, a recursive digital 
?lter called a synthesis ?lter is con?gured, and supplied With 
a prediction residual signal as an excitation signal thereby to 
restore the original input speech signal. 

For encoding at loW bit rate, it is necessary to encode, 
With as loW bit rates as possible, the linear predictive 
coef?cients constituting the synthesis ?lter information rep 
resenting the characteristics of the synthesis ?lter and the 
prediction residual signal constituting the characteristic of 
the synthetic ?lter. In the CELP scheme, tWo types of signal 
including the pitch vector and the noise vector are each 
multiplied by an appropriate gain and added to each other 
thereby to generate an excitation signal in the form encoded 
from the prediction residual signal. A method of generating 
the pitch vector is described in detail in reference 2 for 
example. There is proposed a method of using a ?xed coded 
vector on a rising portion (onset portion) of a speech other 
than the method of the reference 2. HoWever, in the present 
invention, such vectors are used as pitch vectors. 

The noise vector is normally generated by storing a 
multiplicity of candidates in a stochastic codebook and 
selecting an optimum one. In a method of searching for a 
noise vector, all the noise vectors are added to the pitch 
vector and then a synthesis speech signal is generated 
through a synthetic ?lter. The error of this synthesis speech 
signal With respect to the input signal is evaluated thereby to 
select a noise vector generating a synthesis speech signal 
With the smallest error. What is most important for the CELP 
scheme, therefore, is hoW ef?ciently to store the noise 
vectors in the stochastic codebook. 

The algebraic codebook (J-P. Adoul et al, “Fast CELP 
Coding based on algebraic codes”, Proc. ICASSP ’87, 
pp.1957—1960 (reference 3)) has a simple structure in Which 
the noise vector is indicated only by the presence or absence 
of a pulse and the sign (+, —) thereof. The algebraic 
codebook, as compared With the stochastic codebook With a 
plurality of noise vectors stored therein, need not store any 
code vector and has the feature of a very small calculation 
amount. Also, the sound quality of the system using the 
algebraic codebook is not inferior to that of the prior art, and 
therefore has recently been used for various standard 
schemes. 
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2 
In the algebraic codebook, hoWever, the deterioration of 

the sound quality becomes more conspicuous With the 
decrease in the encoding bit rate. One reason is the shortage 
of the pulse position information. Speci?cally, in vieW of the 
fact that the algebraic codebook algebraically simpli?es the 
positional information of the pulse, in spite of the advantage 
described above, position candidates sometimes exist at 
points Where a pulse rise is not required for loW bit rate 
encoding but not at required points. This not only deterio 
rates the ef?ciency but also deteriorates the sound quality. 

Another reason for the deterioration of the sound quality 
When using the algebraic codebook is the shortage of the 
number of pulses. The shortage of pulses gives rise to a 
pulse-like noise in the decoded speech. This is because an 
excitation signal is generated from a pulse train and the 
presence or absence of a pulse can be easily acknowledged 
perceptually With the decrease in the number of pulses. For 
improving the sound quality, it is necessary to alleviate the 
pulse-like noise. 
As described above, the conventional algebraic codebook 

has the advantage of a simple structure and a small amount 
of calculation, but poses the problem that the quality of the 
decoded speech is deteriorated due to the shortage of the 
pulses-and the positional information of the pulse train 
making up the excitation signal for the synthesis ?lter at a 
loW bit rate. 

BRIEF SUMMARY OF THE INVENTION 

The object of the present invention is to provide a speech 
encoding/decoding method Which can secure a superior 
sound quality even at a loW bit rate encoding. 

According to a ?rst aspect of the invention, there is 
provided a speech encoding method comprising the steps of 
generating at least information representing the characteris 
tics of a synthesis ?lter for a speech signal, and generating 
an excitation signal for exciting the synthesis ?lter, includ 
ing a pulse train generated by setting pulses at a predeter 
mined number of pulse positions selected from the pulse 
position candidates adaptively changed in accordance With 
the characteristics of the speech signal. 

According to another aspect of the invention, there is 
provided a speech decoding method for inputting an exci 
tation signal to a synthesis ?lter and decoding a speech 
signal, the excitation signal containing a pulse train gener 
ated by setting pulses at a predetermined number of pulse 
positions selected from the pulse position candidates adap 
tively changed in accordance With the characteristics of the 
speech signal. 

In a speech encoding/decoding method according to this 
invention, the excitation signal for exciting the synthesis 
?lter contains a pulse train generated by setting pulses at a 
predetermined number of pulse positions selected from the 
pulse position candidates adaptively changed in accordance 
With the characteristics of the speech signal. More 
speci?cally, the pulse position candidates are assigned in 
such a manner that more candidates exist at a domain of 

larger poWer of the speech signal. 
Also, the excitation signal can be con?gured to include a 

pulse train generated by setting pulses at all the pulse 
position candidates adaptively changing in accordance With 
the characteristics of the voice signal and optimiZing the 
amplitude of each pulse With predetermined means. In such 
a case, more speci?cally, the pulse position candidates are 
assigned so that more candidates exist at a domain of larger 
poWer of the voice signal. 

Alternatively, the excitation signal can be generated by 
use of a pulse train generated by setting pulses at a prede 
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termined number of pulse positions selected from ?rst pulse 
position candidates changing adaptively in accordance With 
the characteristics of the voice signal or a pulse train 
generated by setting pulses at a predetermined number of 
pulse positions selected from second pulse position candi 
dates including a part or the Whole of the positions not used 
as the ?rst pulse position candidates. In this case, the ?rst 
pulse position candidates are arranged, more speci?cally, so 
that more candidates exist at a domain that the poWer of the 
speech signal is larger. 

Also, in the case Where the excitation signal includes a 
pitch vector and a noise vector, the noise vector is generated 
by setting pulses at a predetermined number of pulse posi 
tions selected from the pulse position candidates changed in 
accordance With the shape of the pitch vector. More 
speci?cally, more pulse position candidates are located at a 
domain of larger poWer of the pitch vector. 

Also, the noise vector can be con?gured by use of a pulse 
train generated by setting pulses at a predetermined number 
of pulse positions selected from position candidates set 
based on the position candidate density function determined 
from the shape of the pitch vector. In such a case, the pulse 
position candidates are, more speci?cally, arranged in such 
a manner that more candidates exist at a place Where the 
value of the position candidate density function is larger. The 
position candidate density function is a function describing 
the relationship betWeen the probability of arranging the 
pulses and the poWer of the pitch vector. 

Further, in the case of using a compensation ?lter such as 
a pitch period emphasis ?lter, a modi?ed pitch vector is 
generated from the pitch vector applied through a ?lter 
based on this inverse characteristic, and the noise vector is 
generated by setting pulses at a predetermined number of 
pulse positions selected from the pulse position candidates 
changing in accordance With the shape of the inverse cor 
rection pitch vector. In such a case, the pulse position 
candidates are, more speci?cally, arranged in such a manner 
that more candidates exist at a domain that the poWer of the 
inverse correction vector is larger. 
By adaptively changing the pulse position candidates in 

accordance With the characteristics such as the poWer dis 
tribution of the speech signal as described above, the encod 
ing ef?ciency is improved even When using an algebraic 
codebook in Which the pulse positions and the number of 
pulses are reduced due to the loW bit rate. Thus, the bit rate 
can be reduced While maintaining the quality of the decoded 
speech. Also, since the pitch vector is used for producing 
pulse position candidates, the adaptation of the pulse posi 
tion candidates becomes possible Without any additional 
information. 

In another speech encoding/decoding method according 
to this invention, an excitation signal including a pitch 
vector and a noise vector contains a pulse train shaped by a 
pulse shaping ?lter having the characteristics determined 
based on the shape of the pitch vector. 

With this con?guration, the pulse-like noise contained in 
the decoded speech due to the reduced number of pulses is 
alleviated, and even in the case Where the pulse positions or 
the number of pulses is reduced due to the loW bit rate, the 
bit rate can be reduced While maintaining the quality of the 
decoded speech. 

Further, in a speech encoding/decoding method according 
to this invention, an excitation signal is generated, including 
a pulse train generated by setting pulses at a predetermined 
number of pulse positions selected from the pulse position 
candidates adaptively changed in accordance With the char 
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4 
acteristics of the speech signal. Also, the pulse train can be 
shaped by a pulse shaping ?lter having a characteristic 
determined based on the shape of the pitch vector. 

Additional objects and advantages of the invention Will be 
set forth in the description Which folloWs, and in part Will be 
obvious from the description, or may be learned by practice 
of the invention. The objects and advantages of the invention 
may be realiZed and obtained by means of the instrumen 
talities and combinations particularly pointed out hereinaf 
ter. 

BRIEF DESCRIPTION OF THE SEVERAL 
VIEWS OF THE DRAWING 

The accompanying draWings, Which are incorporated in 
and constitute a part of the speci?cation, illustrate presently 
preferred embodiments of the invention, and together With 
the general description given above and the detailed descrip 
tion of the preferred embodiments given beloW, serve to 
explain the principles of the invention. 

FIG. 1 is a block diagram shoWing a speech encoding 
system according to a ?rst embodiment of the present 
invention; 

FIG. 2 is a ?oWchart shoWing the steps of selecting pulse 
position candidates according to the ?rst embodiment of the 
invention; 

FIGS. 3A, 3B, 3C, 3D, and 3E are diagrams shoWing the 
manner of processing at each step in FIG. 2; 

FIG. 4 is a diagram shoWing the relation betWeen the 
poWer envelope of the pitch vector and the pulse position 
candidates according to the ?rst embodiment; 

FIG. 5 is a block diagram shoWing a speech decoding 
system according to the ?rst embodiment; 

FIG. 6 is a block diagram shoWing a speech encoding 
system according to a second embodiment of the invention; 

FIG. 7 is a block diagram shoWing a speech decoding 
system according to the second embodiment; 

FIG. 8 is a block diagram shoWing a speech encoding 
system according to a third embodiment of the invention; 

FIG. 9 is a block diagram shoWing a speech decoding 
system according to the third embodiment; 

FIG. 10 is a block diagram shoWing a speech encoding 
system according to a fourth embodiment of the invention; 

FIGS. 11A to 11C are diagrams representing the poWer 
envelope of the pitch vector and the position candidate 
density function and the position candidate density function; 

FIG. 12 is a block diagram shoWing a speech decoding 
system according to the fourth embodiment; 

FIG. 13 is a block diagram shoWing a speech encoding 
system according to a ?fth embodiment of the invention; 

FIG. 14 is a block diagram shoWing a speech decoding 
system according to the ?fth embodiment; 

FIG. 15 is a block diagram shoWing a speech encoding 
system according to a sixth embodiment of the invention; 

FIG. 16 is a diagrams for explaining hoW to form noise 
vectors; and 

FIG. 17 is a block diagram shoWing a speech decoding 
system according to the sixth embodiment. 

DETAILED DESCRIPTION OF THE 
INVENTION 

FIG. 1 shoWs a speech encoding system using a speech 
encoding method according to a ?rst embodiment. This 
speech encoding system comprises input terminals 101, 106, 
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an LPC analyzer section 110, an LPC quantizer section 111, 
a synthesis section 120, a perceptually Weighting section 
130, an adaptive codebook 141, a pulse position candidate 
search section 142, an adaptive algebraic codebook 143, a 
code selector section 150, a pitch enhancement section 160, 
gain multiplier sections 102, 103 and adder sections 104, 
105. 

The input terminal 101 is supplied With an input speech 
signal to be encoded, in units of one-frame length, and in 
synchronism With this input, a linear prediction analysis is 
conducted Whereby a linear prediction coef?cient (LPC) 
corresponding to the vocal track characteristic is deter 
mined. The LPC is quantized by the LPC quantizer section 
111, and the quantization value is input to the synthesis 
section 120 as synthesis section information indicating the 
characteristic of the synthesis section 120. The synthesis 
section 120 usually consists of a synthesis ?lter. An index A 
indicating the quantization value is output as the result of 
encoding to a multiplexer section not shoWn. 

The adaptive codebook 141 has stored therein the exci 
tation signals input in the past to the synthesis section 120. 
The excitation signal constituting an input to the synthesis 
section 120 is a prediction residual signal quantized in the 
linear prediction analysis and corresponds to the glotall 
source containing the information on the sound level or the 
like. The adaptive codebook 141 cuts out the Waveform in 
the length corresponding to the pitch period from the past 
excitation signal and by repeating this process, generates a 
pitch vector. The pitch vector is normally determined in 
units of several subframes into Which a frame is divided. 

The pulse position candidate search section 142 deter 
mines by calculation the positions at Which pulse position 
candidates are set in the subframe based on the pitch vector 
determined by the adaptive codebook 141 and outputs the 
result of the calculation to the adaptive algebraic codebook 
143. 

The adaptive algebraic codebook 143 searches the pulse 
position candidates input from the pulse position candidate 
search section 142 for a predetermined number of pulse 
positions and the signs (+ or —) thereof in such a manner that 
the distortion against the input speech signal excluding the 
effect of the pitch vector is minimized under the perceptual 
Weight. 

The pulse train output from the adaptive algebraic code 
book 143 is given a periodicity in units of pitches by the 
pitch enhancement section 160 as required. The pitch 
enhancement section 160 usually consists of a pitch ?lter. 
The pitch enhancement section 160 is supplied With the 
information L on the pitch period determined by the search 
of the adaptive codebook 143 from the input terminal 106 
and thus the pulse train is given a periodicity of the pitch 
period. 

The pitch vector output from the adaptive codebook 141 
and the pulse train output from the adaptive algebraic 
codebook 143 and given a periodicity by the pitch enhance 
ment section 160 as required are multiplied by the gain GO 
for the pitch vector and the gain G1 for the noise vector at 
the gain multiplier sections 102, 103, respectively,,added to 
each other at the adder section 104, and applied to the 
synthesis section 120 as an excitation signal. The optimum 
gains G0, G1 are selected from the gain codebook (not 
shoWn) Which normally stores a plurality of gains. 

The code selector section 150 outputs an index B indi 
cating the pitch vector selected by the search of the adaptive 
codebook 141, an index C indicating the pulse train selected 
by the search of the adaptive algebraic codebook 143, and an 
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6 
index G indicating the gains G0, G1 selected by the search 
of the gain codebook. These indexes B, C, G and the index 
A indicating the synthesis ?lter information constituting the 
quantization value of the LPC from the LPC quantizer 
section 111 are multiplexed in a multiplexer section not 
shoWn and transmitted as an encoded stream. 

NoW, an explanation Will be given of the pulse position 
candidate search section 142 and the adaptive algebraic 
codebook 143 constituting the features of the present 
embodiment. 

According to this embodiment, the fact that the pulses 
tend to be set mainly around the sections Where the poWer 
of excitation signal is large is utilized to permit only the bit 
rate to decrease Without deteriorating the sound quality. 
Thus, pulse position candidates are set for each subframe in 
such a manner as to assign more position candidates for 
sections Where the poWer of the excitation signal is larger. 
The pitch vector resembles the shape of an ideal excita 

tion signal. It is therefore effective to set pulse position 
candidates by the pulse position candidate search section 
142 based on the pitch vector determined by the search of 
the adaptive codebook 141. The same pitch vector can be 
obtained on the decoding side as on the encoding side, and 
therefore it is not necessary to generate additional informa 
tion for the adaptation of pulse position candidates. 

In the case Where pulse position candidates are assigned 
only at points of large poWer for the adaptation of the pulse 
position candidates, the sound quality may be deteriorated 
due to the continuous lack of the position candidates in a 
section of small poWer. Various methods of adaptation of 
pulse position candidates are conceivable. The methods 
described beloW, for example, make possible the adaptation 
With a small deterioration of the sound quality. 

With reference to the ?oWchart of FIG. 2, an explanation 
Will be given of the steps of-adaptation of pulse position 
candidates by the pulse position candidate search section 
142. FIGS. 3A to 3D shoW an input pitch vector Waveform 
(F0), poWer (F1) of this input pitch vector Waveform, 
smoothed poWer (F2) and an integrated value (F3) in sample 
direction of the smoothed poWer, each corresponding to the 
steps of FIG. 2. 
A similar processing is possible by use of other measures 

indicating the Waveform such as an absolute value (square 
root of the poWer) of the amplitude value other than the 
poWer. In this embodiment, these measures are collectively 
de?ned as the poWer. 

First, the poWer (F1) of FIG. 3B is calculated for the input 
pitch vector (F0) of FIG. 3A (step S1), and then the poWer 
(F1) is smoothed as shoWn in FIG. 3C thereby to produce the 
smoothed poWer (F2) (step S2). The poWer can be smoothed, 
for example, by a method of Weighting With a WindoW of 
several samples and taking a moving average. 

Next, the poWer smoothed in step S2 is integrated for each 
sample (step S3). The manner of this operation is shoWn in 
FIG. 3D. Speci?cally, let p(n) be the smoothed poWer of the 
n-th sample, q(n) be the integrated value of the smoothed 
poWer p(n) and L be the subframe length. The integrated 
value q(n) is determined as 

Where C is a constant for adjusting the degree of the density 
of pulse position candidates. 

Pulse position candidates are calculated using this inte 
grated value q(n) (step S4). In this case, the integrated value 
is normalized so that the number of position candidates 
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determined by the integrated value for the last sample is M. 
The position of the m-th candidate can be determined as Sm 
in correspondence With the integrated value as shoWn in 
FIG. 3D. Position candidates in the number of M can be 
determined by repeating this process for m of 0 to M-l. 

FIG. 4 shoWs the relation betWeen the pulse candidate 
positions determined as described above and the poWer of 
the pitch vector. The solid curve represents the poWer 
envelope of the pitch vector, and the arroWs pulse position 
candidates. As shoWn in this diagram, the pulse position 
candidates are distributed densely Where the pitch vector has 
a large poWer and progressively become coarse according as 
the poWer decreases. As a result, pulse positions can be 
selected more accurately Where the poWer of the pitch vector 
is large. Also, even in the case Where the number of pulse 
position candidates decreases due to the loW bit rate, the 
encoding of high sound quality is possible by concentrating 
a feW number of pulse position candidates adaptively at 
points of large poWer. 

Next, the position candidates thus determined are distrib 
uted among channels (step S5). Among various methods of 
distribution available, the one shoWn in FIG. 3E is desirable 
in Which the position candidates are distributed in staggered 
fashion among the channels. 

In this Way, the adaptive algebraic codebook 143 is 
determined. In the search process, the optimum position and 
the sign of a pulse is selected from each of the channels 
(Ch1, Ch2, Ch3) in the adaptive algebraic codebook 143, 
thereby generating a noise vector made up of three pulses. 

In the case Where the subframe length is 80 samples, for 
example, substantially no perceptual deterioration is felt 
When the above-mentioned method is used even if the pulse 
position candidates are reduced to about 40 samples. 

In the algebraic codebook, the pulse amplitude is nor 
mally either +1 or —1. Nevertheless, a method has been 
proposed Which uses a pulse having amplitude information. 
For example, reference 4 (Chang Deyuan, “An 8 kb/s loW 
complexity ACELP speech codec,” 1996 3rd International 
Conference on Signal Processing, pp. 671—4, 1996) dis 
closes a method in Which the pulse amplitude is selected 
from 1.0, 0.5, 0, —0.5 and —1.0. Also, a multi-pulse scheme 
providing a kind of pulse excitation signal con?gured of a 
pulse train having an amplitude is described in reference 5 
(K. OZaWa and T. Araseki, “LoW Bit Rate Multi-pulse 
Speech Coder With Natural Speech Quality,” IEEE Proc. 
ICASSP ’86, pp.457—460, 1986). The present invention is 
also applicable to the case represented by the above 
mentioned examples in Which the pulse has an amplitude. 
NoW, a speech decoding system corresponding to the 

speech encoding system of FIG. 1 Will be explained With 
reference to FIG. 5. 

The same component parts having the same function as 
the corresponding ones in FIG. 1 Will be designated by the 
same reference numerals, respectively. The speech decoding 
system of FIG. 5 comprises a synthesis section 120, a LPC 
dequantiZer section 121, an adaptive codebook 141, a pulse 
position candidate search section 142, an adaptive algebraic 
codebook 143, a pitch enhancement section 160, gain mul 
tiplier sections 102, 103 and an adder section 104. The 
speech decoding system is supplied With an encoded stream 
transmitted from the speech encoding system of FIG. 1. 

The encoded stream thus input is applied to a demulti 
plexer section 121 not shoWn, and output after being demul 
tiplexed by the demultiplexer section 121 into the index Aof 
the synthesis ?lter information described above, the index B 
indicating the pitch vector selected by the search of the 
adaptive codebook 141, the index C indicating the pulse 
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train selected by the search of the adaptive algebraic code 
book 143, the index G indicating the gains G0, G1 selected 
by the search of the gain codebook, and the index L 
indicating the pitch period. 
The index A is decoded by the LPC dequantiZer section 

121 thereby to determine the LPC constituting the synthesis 
?lter information, Which is input to the synthesis section 
120. The indexes B and C are input to the adaptive codebook 
141 and the adaptive algebraic codebook 143, respectively. 
The pitch vector and the pulse train are output from these 
codebooks 141, 143, respectively. In this case, the adaptive 
algebraic codebook 143 outputs a pulse train by determining 
the pulse positions and the signs from the index B and the 
adaptive algebraic codebook 143 formed by the pulse posi 
tion candidate search section 142 based on the pitch vector 
input from the adaptive codebook 141. The pulse train 
output from the adaptive algebraic codebook 143 is given a 
periodicity of the pitch period L by the pitch enhancement 
section 160 as required. 
The pitch vector output from the adaptive codebook 141 

and the pulse train output from the adaptive algebraic 
codebook 143 and given a periodicity by the pitch enhance 
ment section 160 as required are multiplied by the gain G0 
for the pitch vector and the gain G1 for the noise vector at 
the gain multiplier sections 102, 103, respectively, after 
Which they are added to each other at the adder section 104 
and applied to the synthesis section 120 as an excitation 
signal. A reconstructed speech signal is output from this 
synthesis section 120. The gains G0, G1 are selected from a 
gain codebook not shoWn according to the index G. 
As described above, according to this embodiment, only 

the bit rate can be reduced While maintaining the high speech 
quality. So, the speech encoding/decoding of high quality 
can be realiZed With loW bit rate. 

FIG. 6 shoWs a speech encoding system according to a 
second embodiment of the invention. This speech encoding 
system has a con?guration similar to the con?guration of the 
?rst embodiment shoWn in FIG. 1, except that in the present 
embodiment, the pulse position candidate search section 142 
and the adaptive algebraic codebook 143 are not included, 
and the adaptive algebraic codebook 143 is replaced by an 
ordinary stochastic codebook 144 and further a pulse shap 
ing ?lter analyZer section 161 and a pulse shaping section 
162 are added thereto. 
NoW, the steps of processing according to this embodi 

ment Will be explained. The input speech signal is subjected 
to the LPC analysis and LPC quantization, folloWed by the 
search of the adaptive codebook 141 in the same steps as in 
the ?rst embodiment. The stochastic codebook 144 is con 
?gured of an algebraic codebook, for example, in this 
embodiment. 
The pulse shaping ?lter analyZer section 161 determines 

and outputs the parameter of the pulse shaping section 162 
Which normally consists of a digital ?lter, based on the pitch 
vector determined by searching the adaptive codebook 141. 
The pulse shaping section 162 ?lters the output of the 
stochastic codebook 144 and outputs a shaped noise vector. 
As in the ?rst embodiment, the noise vector is given a 

periodicity using the pitch enhancement section 160 as 
required. The gains G0, G1 for the pitch vector and the noise 
vector are determined and an index is output. The param 
eters of the pulse shaping section 162 are determined from 
the pitch vector, and therefore the addition of neW informa 
tion is not required. 
The feature of this embodiment resides in that the pulse 

shaping section 162 is set based on the Waveform of the 
pitch vector thereby to shape the pulse train output from the 
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stochastic codebook 144 including an algebraic codebook. 
As described With reference to the ?rst embodiment, the loW 
rate encoding reduces the number of pulse positions and 
pulses and thus deteriorates the sound quality conspicuously. 
A reduced number of pulses causes a conspicuous pulse-like 
noise in the decoded speech. The use of the pulse shaping 
section 162 as in the present embodiment, hoWever, remark 
ably alleviates the pulse-like noise. 

Various methods are available for designing the pulse 
shaping section 162. A ?rst example is to utilize the phe 
nomenon that the excitation signal for exciting the synthesis 
?lter, if phase-equalized, becomes a pulse-like signal. In the 
case Where a phase equalization inverse ?lter is used, 
therefore, a Waveform similar to the ideal excitation signal 
is produced from a pulse-like signal input. The disadvantage 
of the conventional method of using a pulse Waveform lies 
in that the phase information otherWise contained in the 
ideal excitation signal is lacking. The decreased number of 
pulses makes this problem conspicuous. In vieW of this, as 
in this example, the phase information is added to the pulse 
shaping section 162, thereby making it possible to generate 
a Waveform similar to the ideal excitation signal from a 
pulse Waveform. 

In this ?rst example, the information on the ?lter coef? 
cient of the phase equalization inverse ?lter is required to be 
transmitted, and the bit rate is increased correspondingly. 
Thus, a second example method conceivable is to employ a 
pulse shaping section 162 using a pitch vector as an approxi 
mation of the phase information. In a voiced section or the 
like, the pitch vector is similar in shape to the excitation 
signal and therefore the phase information can be extracted. 
As a speci?c example method, a pulse shaping ?lter can 

be used, in Which synchronized points such as peak points 
of the pitch vector are determined and a Waveform of several 
samples is extracted from the particular synchronized point 
as an impulse response of the pulse shaping ?lter. The 
effective length of the Waveform thus extracted is about 2 to 
3 samples. It is also effective to “Window” and thereby 
attenuate the extracted samples before use. Another advan 
tage is that since the same pitch vector is produced on both 
the decoding and encoding sides, a neW transmission bit is 
not required. At the time of searching the stochastic code 
book 144, the pulse shaping section 162 remains in constant 
operation. By calculating the impulse response together With 
that of the synthesis section 120 in advance, therefore, the 
calculation amount can be reduced. 

FIG. 7 shoWs a speech decoding system corresponding to 
the speech encoding system of FIG. 6. The component parts 
having the same functions as the corresponding component 
parts in FIG. 6 are designated by the same reference 
numerals, respectively. The speech decoding system of FIG. 
7 includes the synthesis section 120, a LPC dequantizer 
section 121, an adaptive codebook 141, a stochastic code 
book 144, a pulse shaping ?lter analyzer section 161, a pulse 
shaping section 162, a pitch enhancement section 160, gain 
multiplier sections 102, 103 and an adder section 104. This 
system is supplied With an encoded stream transmitted from 
the speech encoding-system of FIG. 6. 

The encoded stream is input to a demultiplexer section not 
shoWn, Which produces an output in divided forms including 
an index A of the synthesis ?lter information described 
above, an index B indicating the pitch vector selected by the 
search of the adaptive codebook 141, an index C indicating 
the pulse train selected by the search of the stochastic 
codebook 144, and an index G indicating the gains G0, G1 
selected by the search of the gain codebook. The pitch period 
L is calculated by the index B. 
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The index A is decoded by the LPC dequantizer section 

121 into the synthesis ?lter information and input to the 
synthesis section 120. The indexes B and C are input to the 
adaptive codebook 141 and the stochastic codebook 144, 
respectively, from Which a pitch vector and a pulse train are 
output. 

In this case, the pulse train output from the stochastic 
codebook 144 is ?ltered through the pulse shaping section 
162 With the ?lter coef?cient thereof set by the pulse shaping 
?lter analyzer section 161 based on the pitch vector deter 
mined by the search of the adaptive codebook 141, and then 
given a periodicity of the pitch period L by the pitch 
enhancement section 160 as required. 
The pitch vector output from the adaptive codebook 141 

and the pulse train output from the stochastic codebook 144 
and modi?ed by the pulse shaping section 162 and the pitch 
enhancement section 160 are multiplied by the gain G0 for 
the pitch vector and by the gain G1 for the noise vector at 
the gain multiplier sections 102, 103, respectively. The 
resulting signals are added to each other, input to the 
synthesis section 120 as an excitation signal, and from the 
synthesis section 120, output as a synthesized decoded 
speech signal. The gains G0, G1 are selected from the gain 
codebook not shoWn according to the index G. 

In this Way, according to this embodiment, the pulse 
shaping section 162 is used. Even in the case Where an 
algebraic codebook With a reduced number of pulses due to 
the loW rate encoding is used as the stochastic codebook 
144, therefore, only the bit rate can be effectively reduced 
While maintaining the sound quality of the decoded speech. 

FIG. 8 shoWs a speech encoding system according to a 
third embodiment of the invention. This speech encoding 
system has such a con?guration that the pulse shaping ?lter 
analyzer section 161 and the pulse shaping section 162 
described With reference to the second embodiment are 
added to the con?guration of the ?rst embodiment. 
NoW, the steps of processing according to this embodi 

ment Will be explained. Like in the ?rst embodiment, the 
?rst step to be executed is the LPC analysis and the LPC 
quantization. After complete search of the adaptive code 
book 141, a pitch vector is delivered to the pulse position 
candidate search section 142 and the pulse shaping ?lter 
analyzer section 161. The pulse position candidate search 
section 142 determines pulse position candidates by the 
method described With reference to the ?rst embodiment and 
produces an adaptive algebraic codebook 143. The pulse 
shaping ?lter analyzer section 161 determines the param 
eters of the pulse shaping section 162 as described With 
reference to the second embodiment. The parameters are 
normally the ?lter coef?cients and the pulse shaping section 
normally consists of a digital ?lter. 

In the search of the adaptive algebraic codebook 143, the 
pulse train output is shaped by the pulse shaping section 162. 
In actual search, the impulse response of the pulse shaping 
section 162 and the pitch enhancement section 160 is 
combined With the synthesis section 120, and therefore the 
calculation amount is reduced. 

FIG. 9 shoWs a speech decoding-system corresponding to 
the speech encoding system of FIG. 8. The operation of this 
speech decoding system is obvious from the operation of the 
speech decoding system described With reference to the ?rst 
and second embodiments. Therefore, the same component 
parts as the corresponding ones in FIGS. 1, 7 and 8 are 
designated by the same reference numerals, respectively, 
and Will not be described in detail. 
As described above, this embodiment uses the pulse 

position candidate search section 142 and the adaptive 












